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(54) Method and apparatus for controlling a TDM communication device. 

(57) Communications apparatus is provided for 
communication in a time division multiplex 
communication system having at least one 
primary station and a plurality of remote units. 
Means are provided for vocoding speech at a 
first rate and communication with a first remote 
. unit through a first subset of time-slots (sub-slot 
5 t sub-slot 6) in a given set of time-slots (sub- 
slots 1 - 8). Means are also provided for vocod- 
ing speech at a second, higher, rate and com- 
municating with a second remote unit through a 
second sub-set of timeslots (sub-slots 1 - 4). The 
second sub-set comprises more time-slots than 
the first sub-set. 
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Rarkoround of the Invention 



This invention relates generally to two-way radio 
communication and more particularly to time d.v.s.on 
multiplexed (TDM) digital communication and is more 
particularly directed to a method and apparatus for 
controlling a TDM communication device to eff ic.ent- 
ly utilize the frequency spectrum. 

Those skilled in the art will appreciate the con- 
gested and crowded nature of the available frequency 
spectrum. The Federal Communication Commission 
(FCC) have continually sought ways to reallocate the 
available spectrum or assign previously reserved 
spectrum to relieve this congestion. This condition is 
particularly noticeable in metropolitan areas where a 
large number of radio users are concentrated in a 
small geographic area. One proposal the FCC is con- 
sidering is sharing a portion of the UHF television 
spectrum with the land mobile market (FCC docket 
85-172). Another consideration is the reallocation of 
the land mobile reserve frequencies in the 896-902 
mHz region to private land mobile uses (FCC docket 

84-1233). j „ t . 

Another alternative for the FCC is to redefine the 
standard for land mobile communication channels. 
Currently, the standard for land mobile communica- 
tion is a channel having a bandwidth of 25 kHz. How- 
ever the FCC may redefine this standard to use 12.5 
kHz (or possibly 15 kHz) channels. The theory behind 
this "band-split" is to effectively double the number of 
channels in any newly allocated. frequency spectrum 
Potentially, as "older" spectrum is reallocated, all 
communications equipment will be required to oper- 
ate in the 12.5 kHz channel bandwidth. 

Although facially attractive, a band-split to double 
the available number of channels is not without cost. 
Present day communication devices operate with a 
suff icient frequency guard-band that protects against 
adjacent-channel interference (given the frequency 
stability of the transmitters). Of course, the band-split 
would also reduce the frequency guard-band tending 
to lead to higher adjacent-channel interference. Even 
assuming a greater than a two-to-one improvement in 
transmitter frequency stability, and high. select*,* 
crystal filters for the receivers, adjacent-channeU>er- 
formance may be degraded by a band-split. Thus 
there exists substantial technological barriers that 
must be overcome to provide a radio with comparable 
performance specifications at a competitive cost in 
the marketplace. Therefore, a substantial need exists 
in the market to develop a communication system 
that will provide an increase in the number of avail- 
able communication channels that is compat.ble with 
present day 25 kHz channel bandwidth*. 

Those skilled in the art can appreciate that hu- 
man speech contains a large amount of redundant in- 
formation. To most efficiently utilize the frequency 
spectrum it is desirable to remove as much of the re- 



dundant information as possible prior to transmission. 
The message is then reconstructed at the receiving 
end from the transmitted essential speech informa- 
tion Speech production can be modelled as an exci- 
5 tation signal (i.e., air from the lungs) driving a filter 
(the vocal tract), which possesses a certain resonant 
structure. The spolen sound changes with time since 
the filter varies with time. The excitation is noise-like 
for unvoiced sounds (i.e., consonants) and appears 
10 as a periodic excitation for voiced sounds (for exam- 
ple vowels). Therefore, to reduce the amount of band- 
width required to send a voiced signal, the spectral 
characteristics of the signal must be analysed and the 
nature of the excitation signal must be determined. 
, 5 Prior communication systems have employed 

speech digitation techniques such as pulse code 
modulation (PCM) or continuously variable slope del- 
ta (CVSD) modulation to attempt to replicate the time 
waveforms of the speech signals. However, these 
20 techniquessufferthedetrimentofrequinngdatarates 
from 12 kbps to 64 kbps. The current state of the art 
in land mobile communications is a data rate of 12 
kbps to 16 kbps on a 25 kHz channel. This allows the 
transmission of one voice signal using CVSD. Those 
25 skilled in the art will appreciate that the combination 
of more efficient voice coding (for example coding in 
the range of 2.4 kbps to 9.6 kbps) and more efficient 
data transmission (18 kbps to 24 kbps on a 25 kHz 
channel) would allow the transmission of two or more 
30 voice signals in 25 kHz of frequency spectrum. 

The paper NEC Research and Development No. 
76 January 1985 describes a digital radio concentra- 
tor system employing terrestrial digital time division 
multiple access technology. Speech is encoaed into 
35 digital form using a 32 kbit ADPCM CODEC. Each 
frame of encoded speech is inserted into an allocated 
time slot 

In the f ield of data communication generally, Eu- 
ropean Patent Application EP-A-01 38365 describes a 
40 time division multi-access radio communications sys- 
tem in which a number of outstations use a single 
node as an intermediate for communications. That 
document describes a manner of controlling and syn- 
chronising traffic bursts between the node and the 

. 45 outstations. ■ , 

International Patent Application WO-A-84/00655 
describes a data communications system which su- 
persedes a known voice system enhancing the sys- 
tem for the communication of data. The system de- 
so scribed, incidentally, uses a code to unmute a proc- 
essing path in a particular radio. 

It would be desirable to provide a more versatile 
communications systemthan is described in the prior 
art. serving the different needs of different users. 

55 

Summary of the Invention 



According to the present invention, there is pro- 
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vided apparatus for controlling a communication de- 
vice for communication in a time division multiplex 
communication system having at least one primary 
station (102) and a plurality of remote units (104, 106, 
1 08), comprising means for vocoding speech at a first 5 
rate and communicating with a first remote unit 
through a first subset of time slots in a given set of 
time slots, characterised by 

means for vocoding speech at a second, high- .. 
er, rate and communicating with a second remote unit 10 
through a second subset of time slots in such a set of 
time slots, wherein the second subset comprises 
more time slots than the first sub-set 

The present invention splits the time among 
users according to the fraction of the channel bit rate 15 
required for on voice signal and according to the num- 
ber of time slots (and hence the speech quality and 
air-time billing rate) required by each user. This meth- 
od has the advantage of allowing splitting (in time) as 
often as needed to take full advantage of advances in 20 
the state of the art of coding and data transmission. 

The present invention employs vo-coding of the 
voice signal. As used herein, vo-coding means the 
analysis and synthesis of voice, which either utilizes 
a vocal track model, or quantizes sub-bands of a 25 
speech waveform to remove redundant speech infor- 
mation thereby enabling the transmission of the re- 
quired voice information in a reduced bandwidth. 

An example of a vo-coder employing a vocal track 
model is a linear predictive coder (LPC). An LPC ana- 30 
lyser typically operates on biocis of digitized voice, 
determining the model parameters that are applica- 
ble during a particular block, and transmitting these 
parameters to a synthesizer at the receiving unit. The 
synthesizer reconstructs the speech signal by using 35 
the parameters received. Since the model parame- 
ters vary slowly with time compared to the speech 
waveform, the redundancy of the speech is removed. 

An example of a vo-coder employing speech sub- 
band quantization is a sub-band coder (SBC). In 1 an 40 
SBC analyser, sub-bands of a speech waveform ; are 
quantized and a determination is made concerning 
the amount of speech energy in each sub- band. Only 
those sub-bands having an energy content above a 
predetermined threshold are transmitted thereby 45 
enabling transmission in a reduced bandwidth. 

Vo-coding has the advantage of providing a fur- 
ther reduction in the speech data rate by using a cod- 
ing technique based upon specific speech character- 
istics, transmitting only the perceptually important in- so 
formation contained in a speech signal. Vo-coding al- 
lows a sufficiently low speech coding rate to enable 
the division of a 25 kHz channel bandwidth, thereby 
providing a spectrally efficient communication sys- 
tem. 55 



Brief Description of the Drawings 

The features of the present invention which are 
believed to be novel are set forth with particularity in 
the appended claims. The invention, together with 
further objects and advantages thereof, may be un- 
derstood with reference to the following description, 
taken in conjunction with the accompanying draw- 
ings, and the several figures of which like referenced 
numerals identify like elements, and in which: 

Figure 1 is a block diagram of a TDM communi- 
cation system; 

Figure 2 is an illustration of the preferred organ- 
ization of a communication channel; 
Figure 3a is an illustration of the preferred organ- 
ization of the slot overhead for a primary to re- 
mote transmission; 

Figure 3b is an illustration of the preferred organ- 
ization of the slot overhead for a remote to pri- 
mary transmission; 

Figure 4 is a block diagram of a remote unit; 
Figure 5 is a block diagram of a primary unit; - 
Figure 6 is a block diagram of a single frequency 
primary unit; 

Figure 7 is a block diagram of the preferred em- 
bodiment of the controller of the present inven- 
tion; 

Figures 3a-8c are flow diagrams of the steps exe- 
cuted by the present invention to control the re- 
mote unit of Figure 4; 

Figure 9 is a flow diagram of the steps executed 
by the present invention to control the primary 
stations of Figures 6 or 7. 

Detailed Description of the Preferred Embodiment 

in Figure 1 there is shown a block diagram of a 
time division multiplexed (TDM) system 1 00. The sys- 
tem is comprised essentially of a repeater 102, a mo- 
b He' unit 104, a base station 106 and a portable 108. 
As used herein, a portable unit (108) is defined to be 
a communication unit typically. designed to be carried 
about the person. A mobile unit (104) is a transceiving 
unit designed to be carried in vehicles, and a base 
station (106) is contemplated to be a permanent or 
' semi-permanent installation at a fixed location. The 
mobile 104, the base station 106 and the portable 
unit 108 are hereinafter collectively referred to as re- 
mote units, and the repeater 102 is hereinafter refer- 
red to as the primary station. The remote units com- 
municate via the primary station using radio frequen- 
cy (RF) channels that are divided into at least two time 
slots. The RF channels used by the present invention 
are contemplated to be standard narrowband land 
mobile channels. These channels are typically under- 
stood to be communication channels having a band- 
width of 25 kHz (for duplex, the channel frequency 
pairs are spaced 45 MHz apart in the 800 MHz band). 
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Of course, other channel bandwidths and spacings 
are possible, however, the present invention contem- 
plates the use of standard land mobile channel re- 
quirements thereby obviating the need for any new 
FCC allocations or requirements. 

Referring now to Figure 2, there is shown an RF 
communication channel 200 subdivided into 8 time 
sub-slots. Each time sub-siot 1 -8 has associated with 
it an overhead data portion 202 which contains a sig- 
nalling protocol to be hereinafter defined. Once the 
RF channel is divided into a predetermined number of 
time sub-slots (8 in the preferred embodiment) they 
are grouped into subsets that form communication 
time slots employed by the actual system users. 

Those skilled in the art will appreciate that vo- 
coding a voice at various coding rates may affect the 
perceived quality of the received speech. According- 
ly, speech vo-coded in a 9.6 kbps sub-band coder 
may be of higher perceived quality than 2.4 kbps LPC 
coded speech. Therefore, the present invention con- 
templates grouping the 8 time sub-slots into subsets 
as required by the particular vo-coder utilized. An ex- 
emplary arrangement of slot assignments is illustrat- 
ed in Figure 2 (reference 202). Sub-slots 1-4 have 
been combined to form slot 1a, which may provide toll 
quality speech for the users of a system. Slot 1 b and 
slot 1c are formed by combining two sub-slots (5-6 
and 7-8 respectively) that may provide speech of a 
lesser quality that is. still acceptable to a particular 
user. Accordingly, the air-time billing, rate may vary 
depending upon the quality of speech required in a 
particular user environment Moreover, as technology 
improves and the quality of speech for a lower bit rate 
vo-coder is enhanced,, further subdivisions may be 
readily employed since the system was designed 
originally to operate with a greater number -of time 
slots (i.e., ultimately the 8 time sub-slots would be 
communication time slots). 

Referring now to Figures 3a and 3b, there is 
shown the preferred embodiment of the overhead 
data information (202 of Figure 2) for both the pri- 
mary-to-remote, and remote-to-primary transmis- 
sions. Figure 3a illustrates the primary- to- remote 
data overhead 300. The data overhead begins with a 
propagation delay 302. Typically, the maximum prop- 
agation time delay will be defined by the particular 
system coverage designed into a particular imple- 
mentation. Typically, system range is predominately 
responsible for determining the propagation delay. 
For example, the two-way propagation delay for dis- 
tant remote units (60 miles), may be twelve bits with 
18 kbps signalling. If the vo-coded signal received at 
the primary station (repeater) were simply repeated, 
the message delay would become a function of the 
distance of the transmitting remote unit The receiving 
remote units would be required to correctly determine 
where the message information resided within the 
slot to correctly recover the voice message. Accord- 



ingly, the present invention contemplates a system 
wherein the primary station repeats the information 
at a fixed point in the slot All remote units synchron- 
ize to the primary station's transmitted signal. 
5 Following the propagation delay 302 is the trans- 

mit key time 304. The transmit key time 304 repre- 
sents the time required to switch a unit between the 
transmit and receive frequency. This is typically con- 
sidered to be a hardware limitation, and in the prefer- 
10 red embodiment is 1.22 milli-seconds (ms) in dura- 
tion. Those skilled in the art will appreciate that the 
actual number of bits transmitted will depend on the 
data rate used. Of course, as improved power ampli- 
fiers and frequency synthesizers are designed, the 
15 transmit key time may decrease to a lesser duration. 
The bit synchronization pattern 306 follows the trans- 
mit key 304. The bit sync portion of the data overhead 
300 represents a digital pattern required to obtain bit 
synchronization between a transmitting unit and a re- 
20 ceiving unit. In the preferred embodiment the bit 
sync portion 306 consists of 1 .22 ms of an alternating 
logic-one logic-zero pattern. After acquiring bit syn- 
chronization, the receiving unit must also have frame 
synchronization to properly decode one or more time 
25 slots. In the preferred embodiment of the present in- 
vention the frame synchronization portion 308 con- 
sists of a predetermined digital word. The receiving 
unit must correctly receive the frame sync portion 
308 in a majority decision fashion (3 out of 5 in the pre- 
30 ferred embodiment) in order to properly acquire frame 
synchronization. Synchronizing in this manner allows 
an acceptable system falsing rate utilizing a mini- 
mized number of data bits to form the synchronization 
word. After frame synchronization, the receiving re- 
35 mote unit receives the subframe ID code 310. The 
subframe ID code contains information which is used 
by a remote unit to control and direct the receiving cir- 
cuitry to operate on at least one TDM slot Of course, 
as illustrated in Figure 2, the receiving remote unit 
40 may be informed, via the subframe ID 310, that it will 
group a plurality of time sub-slots into a single user 
slot After correctly synchronizing and decoding an 
assignment to at least one TDM slot, the remote re- 
ceives the vo-coded speech 312, which follows the 
45 data overhead 300. 

In Figure 3b, the data overhead 314 for the re- 
mote-to-primary station transmission is illustrated. 
The data overhead 314 is similar to the data over- 
head 300 of Figure 3a except that the propagation de- 
50 lay 302 is not required since the primary station re- 
peats all messages at the same point in the time slot, 
and the subframe ID 310 is not required since slot as- 
signment is performed by the primary station (repeat- 
er). Following the frame synchronization portion 308 
55 (of the remote-to-primary station data overhead 314) 
the remote unit transmits the vo-coded voice mes- 
sage. 

In Figure 4 there is shown a block diagram of a 
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remote unit 400. The heart of the remote unit 400 is 
the controller 402 of the present invention (a more de- 
tailed illustration and discussion of which follows 
hereinafter). To transmit, a speech signal is first input 
via a microphone 404. The speech is analyzed by a 
vo-coder analyzer 406, which is enabled by the con- 
troller 402 via connection 407. The vo-coder analyzer 
may be any suitable coder and in the preferred em- 
bodiment is an LPC or SBC vo-coder. The controller 
402 takes the vo-coded information, which is in digital 
form, and routes it to the transmit buffer 408 via data 
line 410. The digitized speech information is stored in 
the transmit buffer 408 at whatever coding rate is se- 
lected for the vo-coder analyzer 406. Typical exam-' 
pies of vo-coding data rates include, but are not lim- 
ited to, 9.6, 4.8, and 2.4 kbps. When the transmit buf- 
fer 408 has reached a predetermined capacity limit, 
the information is extracted by the controller 402 via 
connection 412 and routed to the transmitter 414. Of 
course, the controller 402 preambles the speech in- 
formation by the data overhead portion 202 as illu- 
strated in Figure 2. The controller 402 couples the 
transmitter 414 to an antenna 41 6 via the switch 418. 
alternatively, the switch 418 could be replaced with a 
duplexer (or the like) to continually couple the trans- 
mitter and receiver to the antenna. In this manner, the 
data overhead and speech information are transmit- 
ted at a selected transmission data rate, which must 
be at least twice that of the vo-coding data rate. Al- 
ternately, data information (already in digital form) 
may be transmitted in the same manner via data 
source 420. Moreover, a combination of vo-coded 
speech and data may alternatively be sent as deter- 
mined by a particular user. 

To receive information from a time slot, the con- 
troller 402 couples the antenna 416 to a receiver 422 
via the switch 418. The receiver 422 is coupled both 
to the controller 402 and a clock recovery means 424, 
which may be any suitable clock recovery means that 
will synchronize the controller 402 to the received in- 
formation using the bit sync or frame sync portions. 
Once synchronized, the controller 402 takes the re- 
ceived vo-coded speech (or digital data) and routes it 
to the receive buffer 426 via connect ion 428. This in- 
formation is clocked into the receive buffer 426 at a 
suitable data rate, which typically may be the trans- 
mission data rate. The information is extracted from 
receive buffer 426 via connection 430 and routed 
through the controller 402 to the vo-codihg synthes- 
izer 432. Of course, the information must be extracted 
at a data rate identical to that which the speech infor- 
mation was vo-coded. The synthesizer 432, enabled 
by the controller 402 by connection 433. operates on 
the essential speech components to synthesize the 
voice signal. This signal is applied to a speaker 434 
that allows the message to be received by the oper- 
ator. If, however, data was transmitted during a TDM 
slot, the data sink 436, which may be a printer or mon- 



itor device, accepts the data and displays it for the op- 
erator. 

Referring now to Figure 5, there is shown a block 
diagram of a repeater 500 that is controlled by the 

5 present invention to operate in a TDM communication 
system. The system reference 504 provides the con- 
troller 502 with the clock signal, which is used to de- 
termine the transmission data rate. Operationally, a 
vo-coded signal is received from at least one time slot 

10 on a first frequency and travels from the antenna 506 
through the duplexer 508 to a receiver 510. The re- 
ceiver 510 is coupled to a clock recovery device 512 
and the controller 502. The controller accepts the re- 
ceived vo-coded data signal from the receiver 510 at 

15 the data rate determined by the clock recovery de- 
vice 512 and supplies it to the transmitter 514. The 
transmitter 514 repeats the signal including the data 
overhead 202 in at least one time slot on second fre- 
quency (at a transmission data rate determined by 

20 the controller 502) through the duplexer 508 to.the 
antenna 506. 

Referring now to Figure 6, a block diagram of a 
single frequency repeater (SFR) controlled by the 
present invention is shown. The repeater 600 is con- 

25 trolled by the controller 602. which takes a master 
clock signal from the system reference 604. A signal 
is received via antenna 606 and routed via the switch 
608 to the receiver 610. The receiver 610 supplies 
signals to the clock recovery means 61 2 and the con- 

30 troller 602. The received vo-coded signal is stored in 
a'buffer 618 via connection 620'at the received data 
rate as determined by the clock recover means 612. 
The vo-coded message is stored in the buffer 61 8 un- 
til a subsequent time slot, at which time the buffer 618 

35 is emptied by the controller 602 via connection 622 at 
a predetermined data, rate; which is typically the 
^transmission data rate, the controller 602 then routes 
the buffered signal to the transmitter 614. The trans- 
mitter 610 sends the signal to the antenna 606 via the 

40 ' switch 608, which has been coupled to the transmitter 
via the controller 602 through connection 624. Ac- 
cordingly, i'ri'arf SFR; the transmitter 61 4 and receiver 
" elO aire multiplexed to the antenna 606 a duplexer is 
■noi required. 1 Those skilled in the art will appreciate 

45 that either the multiple frequency repeater or the sin- 
gte frequency repeater may be used alternately or in 
'combination in any particular TDM system. 

Referring now to Figure 7 there is shown a block 
diagram of the' present invention (controller 700) suit- 

50 able for use in either a primary or remote unit The 
controller 700 is comprised of a microprocessor 702, 
such as an MC6801 manufactured by Motorola, Inc. 
The microprocessor 702 is supplied a clock signal by 
clock source 704. The system reference (see Figs. 5 

55 and 6) is routed to the'frarhe marker 706 and the Syn- 
chronous Serial Data Adaptor (SSDA) 708. Micropro- 
cessor 702 is coupled to the frame marker 706 and 
the SSDA 708 via an address bus 710 and a data bus 
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712. The frame marker 706 is used to generate the 
frame synchronization information contained in the 
data overhead as was described in conjunction with 
Figure 2. The frame marker 706 can be any conve- 
nient device and may be, for example, a programma- 
ble timer module (PTM), such as an MC6840 manu- 
factured by Motorola, Inc. The SSDA 708 is used in 
the controller 700 to accept data from the micropro- 
cessor 702 and communicate the data serially to the 
transmitter 714. In the preferred embodiment, the 
SSDA is an MC6852 manufactured by Motorola, Inc. 
The SSDA 708 is also coupled to the clock recovery 
and data detector 71 6. The clock recovery data detec- 
tor 716 is coupled to the receiver 718 and is used to 
supply the received synchronization information and 
received vo-coded voice signals to the SSDA 708. 
Thus, the SSDA is used in both the transmit and re- 
ceive modes to route data accordingly. The clock re- 
covery and data detector 716 is also coupled to the 
frame sync detector 720. The frame sync detector 720 
receives data from the data detector and clock recov- 
ery device 716 and is used to look for the frame sync 
marker in the received vo-coded signal. When frame 
synchronization is achieved, the frame sync detector 
720 alerts the microprocessor 702 via connection 
722. Once the clock recovery device and the frame 
sync detector have both synchronized, the vo-coded 
signal can be either repeated (as in the primary sta- 
tions of Figs 5 or 6), or received and routed to the vo- 
coder synthesizer to recover the voice signal {as in 
the remote unit of Fig. 4). 

Referring now to Figures 8a-8c, there is shown a 
flow diagram of the steps executed by the present in- 
vention when utilized to control a remote unit. In Fig- 
ure 8a, the routine begins with the initialization step 
800, which is executed during first time operation or 
after a reset The initialization step 800 programs any 
frequency synthesizers and loads various ID codes 
that may be employed during the operation of the 
controller. The routine next proceeds to decision 802, 
which checks to see if the repeater is active. The re- 
mote unit determines if the repeater is active via the 
bit sync circuitry that operates on the bit sync portion 
of the data overhead (see Figure 3). A positive bit 
sync indication occurs if the repeater is operating 
(i.e.. transmitting). Of course, if the repeater were in- 
active, the remote unit would not be able to obtain bit 
sync. 

Referring again to Figure 8a; if the repeater is not 
active the routine proceeds to decision 804 to detect 
whether the push-to-talk (PTT) switch has been ac- 
tuated to initiate a communication. If the determina- 
tion of decision 804 is that the PTT switch is not ac- 
tuated, the routine returns to reference letter A and 
decision 802. The routine will continue in this loop un- 
til the PTT switch is actuated at which time the routine 
proceeds to step 805. In step 805, the predetermined 
repeater key-up code is transmitted to activate the re- 



peater. The key-up code may be any suitable code 
and, of course, if a particular implementation the re- 
peater is always activated, step 805 could be omitted. 
Preferably, the repeaters are inactive (i.e., off the air) 
5 if no remote unit is transmitting. This conserves ener- 
gy and increases the mean time between failure 
(MTBF) of the primary station. Of course, the repeat- 
ers could be designed to operate continuously there- 
by eliminating the need of an activation code. After 
10 transmitting the repeater key-up code, the routine 
proceeds to decision 806. Decision 806 determines 
whether or not synchronization has been achieved. 
Both bit synchronization and frame synchronization 
are required for an affirmative determination in deci- 
15 sion 806 (however, bit sync may have already been 
established in decision 802). Frame sync is deter- 
mined by a majority determination based on a three- 
of-f ive correct receptions of the frame sync word (see 
Figure 3). If synchronization is established, the rou- 
20 tine proceeds to step 808, which enables the analyzer 
of the particular vo-coder employed. Following the 
enabling of the vo-coding analyzer, the routine pro- 
ceeds to decision 810, which determines whetherthe 
PTT switch has been activated. If the switch has been 
25 activated, the routine routes to reference letter B of 
Figure 8b (to transmit). If the PTT switch is not acti- 
vated, the routine proceeds to reference letter C of 
Figure 8c (to receive). 

Referring now to Figure 8b, the steps involved 
30 during the transmit mode of the controller are shown. 
The routine begins in step 812, which takes the digi- 
tized speech information from the vo-coding analyz- 
er. The vo-coded speech is stored in the buffer (408 
of Figure 4) in step 814 at the vo-coding data rate. De- 
35 cision 816 determines whether the buffer is suffi- 
ciently full to begin transmitting. In the preferred em- 
bodiment, the buffer is deemed to be full (ready) when 
at least one-half of one slot of vo-coded data has been 
buffered. If decision 81 6 determines that the buffer is 
40 hot sufficiently full, the routine returns to the refer- 
ence letter B to receive more vo-coded speech from 
the analyzer in step 812. If the determination of de- 
cision 816 is that the buffer is sufficiently full, therou- 
tjne proceeds to decision 818 to determine whether 
45 the present time slot is the assigned slot of a partic- 
ular unit The time slots must be assigned so that the 
mobile controller knows how many of the sub-slots (1- 
8) to combine for this particular communication slot. 
If .the present time slot is not the unit's assigned time 
so sfot, the routine proceeds to decision 817 to check for 
sync. If decision 817 determines that sync has been 
lost, the routine proceeds to reference letter A. Other- 
wise, the routine proceeds to reference letter B. If de- 
* cision 81 8 determines that the present time slot is the 
55 unit's assigned time slot, the routine proceeds to step 
819 to determine whether the unit is still in frame 
sync. The unit will have a valid frame sync if it has cor- 
rectly received five of the past nine frame sync words. 

6 
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If decision 819 determines that the unit has dropped 
frame sync, control returns to reference letter B. If the 
unit has held sync t the routine proceeds to step 820, 
which formats the data overhead preamble as previ- 
ously described in conjunction with Figure 3. Follow- 5 
ing the data overhead formatting of step 820, step 
822 transmits a single burst on the TDM channel by 
transmitting the overhead and vo-coded speech tak- 
en from the buffer at the transmission data rate. After 
this single slot is burst on to the TDM channel, deci- 10 
sion 824 determines whether the buffer is empty. If 
the buffer is not empty, the routine returns to refer- 
ence letter B which takes more speech and continues 
to transmit. If the buffer is empty, the routine returns 
to reference letter A of Figure 8a which determines 15 
whether the repeater is active. 

In Figure 8c, the steps executed by the present 
invention for remote receive operations are shown. 
The routine begins in step 826 which receives the vo- 
coded signal from one or more time slots in the TDM 20 
channel. Step 828 updates the slot assignments for 
the device employing the controller. In the preferred 
embodiment, this represents updating a memory lo- 
cation which contains the number of sub-slots (1-8) 
that may be combined" in various arrangements to 25 
form communication slots for the TDM device. The 
routine next proceeds to decision 830 to determine 
whether or not synchronization has been maintained. 
An affirmative determination results if the unit has 
correctly received five of the past nine frame sync 30 
words. If there is synchronization, the routine pro- 
ceeds to decision 832 to determine whether the com- 
munication device is muted or whether the squelch is 
open to allow reception of the message. Those skilled 
in the art will appreciate various methods of squelch 35 
are known. One technique would consist of detecting 
whether the received signal is valid data or noise. An 
alternative would be to use a form of continuous 
squelch, commonly referred to as "digital private line" 
(DPL). Another alternative would be to employ begin- 40 
of- message (BOM) and end-of- message (EOM) data 
words pre-ambled and post-ambled to the message, 
respectively. Basically, any suitable squelch system 
is acceptable to the present invention to operate as 
decision 832. If the squelch is muted, the routine re- 45 
turns to reference letter D of Figure 8a. However, if 
the squelch is unmuted the routine proceeds to set 
834 where the vo-coded signal is placed in the buffer 
(426 of Figure 4) at the received data rate. Step 836 
removes the buffered signal from the buffer at the vo- 50 
coding data rate and presents it to the vo-coding syn- 
thesizer (432 in Figure 4). The vo-coding synthesizer 
reconstructs the original voice message and presents 
it to the operator either via a speaker or other means. 
Following the completion of the synthesized mes- 55 
sage, the routine returns to reference letter D of Fig- 
ure 8a. 

Referring now to Figure 9, the steps executed by 



the present invention when used to control a primary 
station (repeater) are illustrated. The routine begins in 
decision 900, which determines whether the key up 
code has been received from a particular remote unit. 
If the key up code is not received, the repeater waits 
(i.e., off the air) until a key up code is received. As- 
suming, however, that the key up code was received, 
the routine proceeds to step 902, which starts the 
frame marker and keys up the transmitter. Step 904 
transmits one burst of the data overhead defined in 
Figure 3 containing the TDM slot assignment for the 
remote unit. After the remote unit receives sync and 
a slot assignment, the remote unit transmits the data 
overhead and TDM vo-coded data message to the re- 
peater. Accordingly, decision 906 determines wheth- 
er the synchronization (both bit and frame) from the 
mobile has been received in the present time slot. If 
sync has been received, the routine proceeds to step 
908, which resets a transmitter time-out-timer, which 
may be present to prevent the transmitter from trans- 
mitting either permanently or for prolonged periods. 
The routine then proceeds to step 910, which re- 
ceives the TDM vo-coded data from the particular slot 
(or group of slots) assigned by the repeater. Step 912 
retransmits or repeats the TDM data in another time 
slot on either the same frequency or in the same or 
different time slot on a second frequency depending 
upon which type of repeater is employed. Following 
the retransmission of step 912, the routine returns to 
reference letter A, which again sends one burst of 
data overhead with the time slot assignment and con- 
tinues in this loop until there is no more vo-coded 
data to transmit. 

Referring again to decision 906, if the decision of 
step 906 is that the synchronization was not received 
in the present time slot, the routine proceeds to deci- 
sion 914, which determines whether or not the re- 
peater transmitter is still keyed. The repeater trans- 
mitter may not be keyed if the time-out- timer has ex- 
pired' or a dekey code has' been received (if any such 
code is employed). If the determination of decision 
914 is that the repeater is still keyed, an alternating 
. logical one and logical zero" pattern are transmitted in 
the first sub-slot in step 916. Following step 916 The 
data over-head and slot assignment are transmitted in 
each of the sub-slots that form the particular time slot 
used. Since the data over-head will not fill a sub-slot 
an alternating logical one and logical zero pattern is 
use to fill each sub-slot. Following step 918 the rou- 
tine returns to reference letter A, which will again send 
one burst of data overhead with the time slot assign- 
ment to the mobile unit, and then to decision 906 to 
recheck if the repeater has properly received syn- 
chronization from the remote unit. If the determina- 
tion of decision 914 is that the repeater is no longer 
keyed, the routine returns to reference letter B, which 
again will await the key up code before the repeater 
is operational again. 



7 



13 



EP 0 538 546 A1 



14 



Claims 

1. Communication apparatus for communication in 
a time division multiplex communication system 
having at least one primary station (102) and a 
plurality of remote units (104, 106, 108), compris- 
ing means for vocoding speech at a f irst rate and 
communicating with a first remote unit through a 
first subset of time slots in a given set of time 
slots, characterised by 

means for vocoding speech at a second, 
higher, rate and communicating with a second re- 
mote unit through a second subset of time slots 
in such a set of time slots, wherein the second 
subset comprises more time slots than the first 
subset. 

2. Apparatus according to claim 1 comprising: first 
means for communicating, through a f irst subset 
of time slots in a given set of time slots, speech 
vocoded at said first rate; characterised by sec- 
ond means for communicating, through a second 
subset of time slots in a given set of time slots, 
speech vocoded at said second, higher, rate and 
means (402) for selecting between said first and 
second means. 

3. Apparatus according to claim 2, wherein said 
means for selecting comprises means for receiv- 
ing an information signal (310) from the primary -. 
station, informing the apparatus to receive, -; 
through a first or second subset of time slots, , 
speech vocoded at the lower or higher rate re- ■ 
spectively. 

4. Apparatus according to any one of the preceding 
claims, further comprising a memory for storing 
time slot assignment information and means for 
receiving time slot assignment information from 
the primary station and storing it in the memory. 

5. Apparatus according to any one of the preceding 
claims, comprising a vo-coder for analysing and 
vo-coding speech, and a controller (402) for rout- 
ing the vo-coded speech to a transmit buffer 
(408) at a coding rate selected by the controller 
(402). 

6. A method of controlling a communication device 
for communication in a time division multiplex 
communication system having at least one pri- 
mary station (102) and a plurality of remote units 
(104, 106, 108), comprising vocoding speech at 
a first rate and communicating with a first remote 
unit through a f irst subset of time slots in a given 
set of time slots, characterised by 

vocoding speech at a second, higher, rate 
and communicating with a second remote unit 



through a second subset of time slots in such a 
set of time slots, wherein the second subset com- 
prises more time slots than the first subset. 

5 



10 



15 



20 



25 



3C 



35 



40 



45 



50 



8 



EP 0 538 546 A1 




EP 0 538 546 A1 




10 




3N3DOCID- <EP, 



.0538&46A1 J_> 



EP 0 538 54$ A1 



I 



RECEIVER 



510 



506 



/-508 



DUPLEXER 



504 



SYSTEM 
REFERENCE 



TRANSMITTER 



CONTROLLER I- 



502 



512 



CLOCK 
RECOVERY 



514 



500 



610 




624- 



608 



604 



SYSTEM 
REFERENCE 



TRANSM 



>M!TTER J 
ii ' 



614 



CONTROL 
T 



e<a k620 

6ia x _ i _ 



ROLLER I- 



602 



622 



BUFFER 



612- 



CLOCK 
RECOVERY 



600 



12 



3NSDOCID: <EP G538546A1 J_» 



EP 0 538 546 A1 




13 



EP 0 538 546 A1 




TRANSMIT REPEATER 
KEY-UP CODE 



T 



-> <i 



SYNC \ N0 




ENABLE VO-CODER 
ANALYZER 



808- 




14 



4 



BP 0 538 546 A1 



r 

TAKE VO 
SPEECH FRO 


-CODED 1 
M ANALYZER | 






STORE IN BUFFER | 



S12 



ai4 




15 



3NSOOCID: <EP 0S3S5«6A) I > 



BP 0 538 546 A1 




16 



4 



EP 0 538 546 A1 



c 



PRIMARY CONTROLLER A 
(REPEATER) J 




90« 



910 



912 



START FRAME MARKER 
AND KEY UP 
TRANSMITTER 



902 



SEND ONE BURST OF 
OVERHEAD WITH TIME 
SLOT ASSIGNMENT 




RESET TRANSMITTER 
TIME OUT TIMER 



I 



RECEIVE TDM 
VO-CODED DATA 



J 
1 



SEND ALT "1" - "0" 
IN FIRST SUB-SLOT 



RETRANSMIT TDM 
DATA WITH OVERHEAD 



SEND OVERHEAD AND 
ALT "1" - "0" FOR 
REMAINING SUB-SLOT 
IN THE TIME SLOT 



91 



17 



RMfirYV.in- cFP n*vTflS46A1 I > 



BP 0 538 546 A1 




European Patent 
Office 



EUROPEAN SEARCH REPORT 



Application Number 

EP 92 10 7524 



DOCUMENTS CONSIDERED TO BE RELEVANT 



Category 



Citation of document with indication, where appropriate, 
ol relevant passages 



Relevant 
to claim 



CXA5SIF1 CATION OF TIDE 
APPLICATION Ont. C1.5 ) 



EP-A-0 412 583 (MOTOROLA) 

* column 4, line 37 - column 5, line 3; 
figure 2 * 

W0-A-9 008 436 (MOTOROLA) 

* page 8, line 14 - line 20; figure 5B * 

US-A-5 005 170 (NELSON) 

* column 2, line 63 - column 3, line 7 * 



1-5 



1-5 



1-5 



H04B7/26 



TECHNICAL FIELDS 
SEARCHED (Int. CI. 5 ) 



H04B 
H04J 



The present search report has been drawn up for all claims 



Place of search 

THE HAGUE 



DaU tf cra^fcUfta of tac scares 

09 DECEMBER 1992 



BISCHOF J.L.A. 



CATEGORY OF CITED DOCUMENTS 

X : particularly relevant if taken llone 

Y : particularly relevant if combined with another 

document of the same category 
A : technological background 
O : non-written disclosure 
P : intermediate docs men t 



T : theory or principle underlying the invention 
E : earlier patent document, but published on, or 

after the filing date 
D : document cited in the application 
L : document cited for other reasons 



& : member of the same patent family, corresponding 
document 



18 



J) 



Europaisches Patentamt 
European Patent Office 
Office europeen des brevets 




(Q Publication number : 0 538 546 A2 



@ Application number : 92107524.8 
(2) Date of filing : 25.03.86 



EUROPEAN PATENT APPLICATION 

fit) mt. ci. 5 : H04B 7/26 



@ Date of publication of application : 
28.04.93 Bulletin 93/17 

@) Publication number of the earlier application in 
accordance with Art. 76 EPC : 0 261 112 

(fS) Designated Contracting States : 

AT BE CH DE FR GB IT U LU NL SE 

@ Applicant: MOTOROLA INC. 

3rd Floor, Corporate Towers, 1303 East 

Algonquin Road 

Schaumburg, Illinois 60196 (US) 



(72) Inventor : Goode, Steven Howard 
140 Westwood 314 
Palatine Illinois 60067 (US) 
Inventor : Kazecki, Henry Ludvig 
1323 S. Fernandez Ave. Arlington Heights 
Illinois 60005 (US) 
Inventor : Baker, James Clarke 
8091 Olivia Lane Hanover Park 
Illinois 60103 (US) 

(74) Representative : Dunlop, Hugh Christopher et 
al 

Motorola European Intellectual Property 
Operations Jays Close Viables Industrial 
Estate 

Basingstoke, Hampshire RG22 4PD (GB) 



CM 
< 
CO 

m 

oo 
co 
m 



a. 

LU 



@ Method and apparatus for controlling a TDM communication device. 



Communications apparatus is provided for 
communication in a time division multiplex 
communication system having at least one 
primary station and a plurality of remote units. 
Means are provided for vocoding speech at a 
first rate and communication with a first remote 
unit through a first subset of time-slots (sub-slot 
5, sub-slot 6) in a given set of time-slots (sub- 
slots 1 - 8). Means are also provided for vocod- 
ing speech at a second, higher, rate and com- 
municating with a second remote unit through a 
second sub-set of timeslots (sub-slots 1 - 4). The 
second sub-set comprises more time-slots than 
the first sub-set 
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Background of the Invention 

This invention relates generally to two-way radio 
communication and more particularly to time division 
multiplexed (TDM) digital communication and is more 
particularly directed to a method and apparatus for 
controlling a TDM communication device to efficient- 
ly utilize the frequency spectrum. 

Those skilled in the art will appreciate the con- 
gested and crowded nature of the available frequency 
spectrum. The Federal Communication Commission 
(FCC) have continually sought ways to reallocate the 
available spectrum or assign previously reserved 
spectrum to relieve this congestion. This condition is 
particularly noticeable in metropolitan areas where a 
large number of radio users are concentrated in a 
small geographic area. One proposal the FCC is con- 
sidering is sharing a portion of the UHF television 
spectrum with the land mobile market (FCC docket 
85-172). Another consideration is the reallocation of 
the land mobile reserve frequencies in the 896-902 
mHz region to private land mobile uses (FCC docket 
84-1233). 

Another alternative for the FCC is to redefine the 
standard for land mobile communication channels. 
Currently, the standard for land mobile communica- 
tion is a channel having a bandwidth of 25 kHz. How- 
ever, the FCC may redefine this standard to use 12.5 
kHz (or possibly 1 5 kHz) channels. The theory behind 
this "band-split" is to effectively double the number of 
channels in any newly allocated frequency spectrum. 
Potentially, as "older* spectrum is reallocated, all 
communications equipment will be required to oper- 
ate in the 12.5 kHz channel bandwidth. 

Although facially attractive, a band-split to double 
the available number of channels is not 'without cost. 
. Present day communication devices operate with a 
sufficient frequency guard-band that protects against 
adjacent-channel interference (given the frequency 
stability of the transmitters). Of course, the band-split 
would also reduce the frequency guard-band tending 
to lead to higher adjacent-channel interference. Even 
assuming a greater than a two-to-one improvement in 
transmitter frequency stability, and high selectivity 
crystal filters for the receivers, adjacent-channel per- 
formance may be degraded by a band-split. Thus, 
there exists substantial technological barriers that 
must be overcome to provide a radio with comparable 
performance specifications at a competitive cost in 
the marketplace. Therefore, a substantial need exists 
in the market to develop a communication system 
that will provide an increase in the number of avail- 
able communication channels that is compatible with 
present day 25 kHz channel bandwidths. 

Those skilled in the art can appreciate that hu- 
man speech contains a large amount of redundant in- 
formation. To most efficiently utilize the frequency 
spectrum it is desirable to remove as much of the re- 



dundant information as possible prior to transmission. 
The message is then reconstructed at the receiving 
end from the transmitted essential speech informa- 
tion. Speech production can be modelled as an exci- 

5 tation signal (i.e., air from the lungs) driving a filter 
(the vocal tract), which possesses a certain resonant 
structure. The spolen sound changes with time since 
the filter varies with time. The excitation is noise-like 
for unvoiced sounds (i.e., consonants) and appears 

10 as a periodic excitation for voiced sounds (for exam- 
ple vowels). Therefore, to reduce the amount of band- 
width required to send a voiced signal, the spectral 
characteristics of the signal must be analysed and the 
nature of the excitation signal must be determined. 

15 Prior communication systems have employed 

speech digitation techniques such as pulse code 
modulation (PCM) or continuously variable slope del- 
ta (CVSD) modulation to attempt to replicate the time 
waveforms of the speech signals. Howeyer, these 

20 techniques suffer the detriment of requiring data rates 
from 12 kbps to 64 kbps: The current state of the art 
in land mobile communications is a data rate of 12 
kbps to 16 kbps on a 25 kHz channel. This allows the 
transmission of one voice signal using CVSD. Those 

25 skilled in the art will appreciate that the combination 
of more efficient voice coding (for example coding in 
the range of 2.4 kbps to 9.6 kbps) and more efficient 
; data transmission (18 kbps to 24 kbps on a 25 kHz 
channel) would allow the transmission of two or more 

30 voice signals in 25 kHz of frequency spectrum. 

The paper NEC Research and Development No. 
76, January 1985 describes a digital radio concentra- 
tor system employing terrestrial digital time division 
multiple access technology. Speech is encoded into 

35 digital form using a 32 kbit ADPCM CODEC. Each 
frame of encoded speech is inserted into an allocated 
time slot 

In the field of data communication generally, Eu- 
ropean Patent Application EP-A-01 38365 describes a 

40 time division multi-access radio communications sys- 
tem in which a number of outstations use a single 
node as. an intermediate for communications. That 
document describes a manner of controlling and syn- 
chronising traffic bursts between the node, and the 

45 outstations. 

International Patent Application WO-A-84/00655 
describes a data communications system which su- 
persedes a known voice system enhancing the sys- 
tem for the communication of data. The system de- 

50 scribed, incidentally, uses a code to unmute a proc- 
essing path in a particular radio. 

It would be desirable to provide a more versatile 
communications system than is described in the prior 
art, serving the different needs of different users. 

55 

Summary of the Invention 

According to the present invention, there is pro- 



vided apparatus for controlling a communication de- 
vice for communication in a time division multiplex 
communication system having at least one primary 
station (102) and a plurality of remote units(104 t 106, 
1 08), comprising means for vocoding speech at a first 
rate and communicating with a first remote unit 
through a first subset of time slots in a given set of 
time slots, characterised by 

means for vocoding speech at a second, high- 
er, rate and communicating with a second remote unit 
through a second subset of time slots in such a set of 
time slots, wherein the second subset comprises 
more time slots than the first sub-set 

The present invention splits the time among 
users according to the fraction of the channel bit rate 
required for on voice signal and according to the num- 
ber of time slots (and hence the speech quality and 
air-time billing rate) required by each user This meth- 
od has the advantage of allowing splitting (in time) as 
often as needed to take full advantage of advances in 
the state of the art of coding and data transmission. 

The present invention employs vo-coding of the 
voice signal. As used herein, vo-coding means the 
analysis and synthesis of voice, which either utilizes 
a vocal track model, or quantizes sub-bands of a 
speech waveform to remove redundant speech infor- 
mation thereby enabling the transmission of the re- 
quired voice information in a reduced bandwidth. 

An example of a vo-coder employing a vocal track 
mode! is a linear predictive coder (LPC). An LPC ana- 
lyser typically operates on biocis of digitized voice, 
determining the model parameters that are applica- 
ble during a particular block, and transmitting these 
parameters to a synthesizer at the receiving unit. The 
synthesizer reconstructs the speech signal by using 
the parameters received. Since the model parame- 
ters vary slowly with time compared to the speech 
waveform, the redundancy of the speech is removed. 

An example of a vo-coder employing speech sub- 
band quantization is a sub-band coder (SBC). In an 
SBC analyser, sub-bands of a speech waveform are 
quantized and a determination is made concerning 
the amount of speech energy in each sub-band. Only 
those sub-bands having an energy content above a 
predetermined threshold are transmitted thereby 
enabling transmission in a reduced bandwidth. 

Vo-coding -has the advantage of providing a fur- 
ther reduction in the speech data rate by using a cod- 
ing technique based upon specific speech character- 
istics, transmitting only the perceptually important in- 
formation contained in a speech signal. Vo-coding al- 
lows a sufficiently low speech coding rate to enable 
the division of a 25 kHz channel bandwidth, thereby 
providing a spectrally efficient communication sys- 
tem. 



Brief Description of the Drawings 

The features of the present invention which are 
believed to be novel are set forth with particularity in 
5 the appended claims. The invention, together with 
further objects and advantages thereof, may be un- 
derstood with reference to the following description, 
taken in conjunction with the accompanying draw- 
ings, and the several figures of which like referenced 
10 numerals identify like elements, and in which: 

Figure 1 is a block diagram of a TDM communi- 
cation system; 

Figure 2 is an illustration of the preferred organ- 
ization of a communication channel; 
15 Figure 3a is an illustration of the preferred organ- 

ization of the slot overhead for a primary to re- 
mote transmission; 

Figure 3b is an illustration of the preferred organ- 
ization of the slot overhead for a remote to pri- 

20 mary transmission; r 

Figure 4 is a block diagram of a remote unit; 
Figure 5 is a block diagram of a primary unit; 
Figure 6 is a block diagram of a single frequency 
primary unit; u 

25 Figure 7 is a block diagram of the preferred em- 

bodiment of the controller of the present inven- 
tion; 

Figures 6a-8c are flow diagrams of the steps exe- 
cuted by the present invention to control the re- 
30 mote unit of Figure 4; - ' ' 

Figure 9 is a flow diagram of the steps executed 
- by the present invention to control the primary 
' stations of Figures 6 or 7. 

35 " Detailed Description of the Preferred Embodiment 

In Figure 1 there is shown a block diagram of a 
time division'multiplexed (TDM) system 100. The sys- 
tem is comprised essentially of a repeater 102, a mo- 
40 ' bile unit 104, a base station 106 and a portable 108. 
: i As used herein, a portable unit (108) is defined to be 
'a-comrnunication unit typically designed to be carried 
' about t he person. A mobile unit (1 04) is a transceiving 
- unit designed to be carried in vehicles, and a base 
45* station' (106) is contemplated to be a permanent or 
semi-permanent installation at a fixed location. The 
mobile 104, the base station 106 and the portable 
unit 108 are hereinafter collectively referred to as re- 
mote units, and the repeater 1 02 is hereinafter refer- 
so red to as the primary station. The remote units com- 
municate via the primary station using radio frequen- 
cy (RF) channels that are divided into at least two time 
slots. The RF channels used by the present invention 
are contemplated to be standard narrowband land 
55 mobile channels. These channels are typically under- 
stood to be communication channels having a band- 
width of 25 kHz (for duplex, the channel frequency 
pairs are spaced 45 MHz apart in the 800 MHz band). 
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Of course, other channel bandwidths and spacings 
are possible, however, the present invention contem- 
plates the use of standard land mobile channel re- 
quirements thereby obviating the need for any new 
FCC allocations or requirements. 

Referring now to Figure 2, there is shown an RF 
communication channel 200 subdivided into 8 time 
sub-slots. Each time sub-slot 1-8 has associated with 
it an overhead data portion 202 which contains a sig- 
nalling protocol to be hereinafter defined. Once the 
RF channel is divided into a predetermined number of 
time sub-slots (8 in the preferred embodiment) they 
are grouped into subsets that form communication 
time slots employed by the actual system users. 

Those skilled in the art will appreciate that vo- 
coding a voice at various coding rates may affect the 
perceived quality of the received speech. According- 
ly, speech vo-coded in a 9.6 kbps sub-band coder 
may be of higher perceived, quality than 2.4 kbps LPC 
coded speech. Therefore, the present invention con- 
templates grouping the 8 time sub-slots into subsets 
as required by the particular vo-coder utilized. An ex- 
emplary arrangement of slot assignments is illustrat- 
ed in Figure 2 (reference 202). Sub-slots 1-4 have 
been combined to form slot 1a, which may provide toll 
quality speech for the users of a system. Slot 1b and 
slot 1c are formed by combining two sub- slots (5-6 
and 7-8 respectively) that may provide speech of a 
lesser quality that is still acceptable to a particular 
user Accordingly, the air-time billing rate may vary 
depending upon the quality of speech required in a 
particular user environment Moreover,. as technology 
improves and the quality of speech for a lower bit rate 
vo-coder is enhanced, further subdivisions may be 
readily employed since the system was designed 
originally to operate with a greater number of time 
slots (i.e., ultimately the 8 time-sub-slots would be 
. communication time slots). 

Referring now to Figures 3a and 3b, there is 
shown the preferred embodiment of the overhead 
data information (202 of Figure 2) for both the pri- 
mary-to-remote, and remote-to- primary transmis- 
sions. Figure . 3a illustrates the _ primary-to-remote 
data overhead 300. The data overhead begins with a 
propagation delay 302. Typically, the maximum prop- 
agation time delay will be defined by the particular 
system coverage designed into a particular imple- 
mentation. Typically, system range is predominately 
responsible for determining, the propagation delay. 
For example, the two-way propagation delay for dis- 
tant remote units (60 miles) may be twelve bits with 
18 kbps signalling. If the vo-coded signal received at 
the primary station (repeater) were simply repeated, 
the message delay would become a function of the 
distance of the transmitting remote unit. The receiving 
remote units would be required to correctly determine 
where the message information resided within the 
slot to correctly recover the voice message. Accord- 



ingly, the present invention contemplates a system 
wherein the primary station repeats the information 
at a fixed point in the slot All remote units synchron- 
ize to the primary station's transmitted signal. 

5 Following the propagation delay 302 is the trans- 

mit key time 304. The transmit key time 304 repre- 
sents the time required to switch a unit between the 
transmit and receive frequency. This is typically con- 
sidered to be a hardware limitation, and in the prefer- 

10 red embodiment is 1.22 milli-seconds (ms) in dura- 
tion. Those skilled in the art will appreciate that the 
actual number of bits transmitted will depend on the 
data rate used. Of course, as improved power ampli- 
fiers and frequency synthesizers are designed, the 

15 transmit key time may decrease to a lesser duration. 
The bit synchronization pattern 306 follows the trans- 
mit key 304. The bit sync portion of the data overhead 
300 represents a digital pattern required to obtain bit 
synchronization between a transmitting unit and a re- 

20 ceiving unit In the preferred embodiment, the bit 
sync portion 306 consists of 1 .22 ms of an alternating 
logic-one logic-zero pattern. After acquiring bit syn- 
chronization, the receiving unit must also have frame 
synchronization to properly decode one or more time 

25 slots. In the preferred embodiment of the present in- 
vention the frame synchronization portion 308 con- 
sists of a predetermined digital word. The receiving 
unit must. correctly receive the frame sync portion 
308 in a majority decision fashion (3 out of 5 in the pre- 

30 ferred embodiment) in order to properly acquire frame 
synchronization. Synchronizing in this manner allows 
,an acceptable system falsing rate utilizing a mini- 
mized number of data bits to form the synchronization 
word. After frame synchronization, the receiving re- 

35 mote unit receives the subframe ID code 310. The 
subframe ID code contains information which is used 
by a remote unit to control and direct the receiving cir- 
cuitry to operate on at least one TDM slot. Of course, 
as illustrated in Figure 2, the receiving remote unit 

40 may be informed, via the subframe ID 31 0, that it will 
group a plurality of time sub-slots into a single user 
slot After. correctly synchronizing and decoding an 
assignment to at least one TDM slot, the remote re- 
ceives the vo-coded speech 312, which follows the 

45 data overhead 300. 

In Figure 3b, the data overhead 314 for the re- 
mote-to-primary station transmission is illustrated. 
The data overhead 314 is similar to the data over- 
head 300 of Figure 3a except that the propagation de- 

50 lay 302 is not required since the primary station re- 
peats all messages at the same point in the time slot, 
. and the subframe ID 31 0 is not required since slot as- 
signment is performed by the primary station (repeat- 
er). Following the frame synchronization portion 308 

55 (of the remote-to-primary station data overhead 314) 
the remote unit transmits the vo-coded voice mes- 
sage. 

In Figure 4 there is shown a block diagram of a 
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remote unit 400. The heart of the remote unit 400 is 
the controller 402 of the present invention (a more de- 
tailed illustration and discussion of which follows 
hereinafter). To transmit, a speech signal is first input 
via a microphone 404. The speech is analyzed by a 
vo-coder analyzer 406, which is enabled by the con- 
troller 402 via connection 407. The vo-coder analyzer 
may be any suitable coder and in the preferred em- 
bodiment is an IPC or SBC vo-coder. The controller 
402 takes the vo-coded information, which is in digital 
form, and routes it to the transmit buffer 408 via data 
line 410. The digitized speech information is stored in 
the transmit buffer 408 at whatever coding rate is se- 
lected for the vo-coder analyzer 406. Typical exam- 
ples of vo-coding data rates include, but are not lim- 
ited to, 9.6, 4.8, and 2.4 kbps. When the transmit buf- 
fer 408 has reached a predetermined capacity limit, 
the information is extracted by the controller 402 via 
connection 412 and routed to the transmitter 414. Of 
course, the controller 402 preambles the speech in- 
formation by the data overhead portion 202 as illu- 
strated in Figure 2. The controller 402 couples the 
transmitter 414 to an antenna 41 6 via the switch 418. 
alternatively, the switch 418 could be replaced with a 
duplexer (or the like) to continually couple the trans- 
mitter and receiver to the antenna. In this manner, the 
data overhead and speech information are transmit- 
ted at a selected transmission data rate, which must 
be at least twice that of the vo-coding data rate. Al- 
ternately, data information (already in digital form) 
may be transmitted in the same manner via data • 
source 420. Moreover, a combination of vo-coded 
speech and data may alternatively be sent as deter- 
mined by a particular user. 

To receive information from a time slot, the con- 
troller 402 couples the antenna 41 6 to a receiver 422 
via the switch 418. The receiver 422 is coupled both 
to the controller 402 and a clock recovery means 424, 
which may be any suitable clock recovery means that 
will synchronize the controller 402 to the received in- 
formation using the bit sync or frame sync portions. 
Once synchronized, the controller 402 takes the re- 
ceived vo-coded speech (or digital data) and routes it 
to the receive buffer 426 via connection 428. This in- 
formation is clocked into the receive buffer 426 at a 
suitable data rate, which typically may be the trans- 
mission data rate. The information is extracted from 
receive buffer 426 via connection 430 and routed 
through the controller 402 to the vo-coding synthes- 
izer432. Of course, the information must be extracted 
at a data rate identical to that which the speech infor- 
mation was vo-coded. The synthesizer 432, enabled 
by the controller 402 by connection 433, operates on 
the essential speech components to synthesize the 
voice signal. This signal is applied to a speaker 434 
that allows the message to be received by the oper- 
ator. If, however, data was transmitted during a TDM 
slot, the data sink 436, which may be a printer or mon- 



itor device, accepts the data and displays it for the op- 
erator. 

Referring now to Figure 5, there is shown a block 
diagram of a repeater 500 that is controlled by the 
5 present invention to operate in a TDM communication 
system. The system reference 504 provides the con- 
troller 502 with the clock signal, which is used to de- 
termine the transmission data rate. Operationally, a 
vo-coded signal is received from at least one time slot 
10 on a first frequency and travels from the antenna 506 
through the duplexer 508 to a receiver 510. The re- 
ceiver 510 is coupled to a clock recovery device 512 
and the controller 502. The controller accepts the re- 
ceived vo-coded data signal from the receiver 510 at 
15 the data rate determined by the clock recovery de- 
vice 512 and supplies it to the transmitter 514. The 
transmitter 514 repeats the signal including the data 
overhead 202 in at least one time slot on second fre- 
quency (at a transmission data rate determined by 
20 the controller 502) through the duplexer 508*to the 
antenna 506. 

Referring now to Figure 6, a block diagram of a 
single frequency repeater (SFR) controlled by the 
present invention is shown. The repeater 600 is con- 
25 trolled by the controller 602, which takes a master 
clock signal from the system reference 604. A signal 
is received via antenna 606 and routed via the switch 
608 to the receiver 610. The receiver 610 supplies 
signals to the clock recovery means 612 and the con- 
30 trailer 602: The received vo-coded signal is stored in 
a buffer 61 8 via connection 620 at the received data 
rate as determined by the clock recover means 612. 
The vo-coded message is stored in the buffer 61 8 un- 
* ; ". til a subsequent time slot, at which time the buffer 61 8 
35 is emptied by the controller 602 via connection 622 at 
a predetermined data rate, which, is typically the 
transmission data rate. The controller 602 then routes 
the buffered signal to the transmitter 614. The trans- 
' mitter610sendsthesignaltotheantenna606viathe 
40 1 switch 608; which has been coupled to the transmitter 
via the controller 602 through connection 624. Ac- 
cordingly, : in an SFR, the transmitter 614 and receiver 
* 610 are multiplexed to the antenna 606 a duplexer is 
'not-required. Those skilled in the art will appreciate 
4s' that either the multiple frequency repeater or the sin- 
gle frequency repeater may be used alternately or in 
combination in any particular TDM system. 

Referring now to Figure 7 there is shown a block 
diagram of the present invention (controller 700) suit- 
50 able for use in either a primary or remote unit The 
controller 700 is comprised of a microprocessor 702, 
such as an MC6801 manufactured by Motorola. Inc. 
The microprocessor 702 is supplied a clock signal by 
clock source 704. The system reference (see Figs. 5 
55 and 6) is routed to the frame marker 706 and the Syn- 
* chronous Serial Data Adaptor (SSDA) 708. Micropro- 
cessor 702 is coupled to the frame marker 706 and 
the SSDA 708 via an address bus 710 and a data bus 
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712. The frame marker 706 is used to generate the 
frame synchronization information contained in the 
data overhead as was described in conjunction with 
Figure 2. The frame marker 706 can be any conve- 
nient device and may be, for example, a programma- 
ble timer module (PTM), such as an MC6840 manu- 
factured by Motorola, Inc. The SSDA 708 is used in 
the controller 700 to accept data from the micropro- 
cessor 702 and communicate the data serially to the 
transmitter 714. In the preferred embodiment, the 
SSDA is an MC6852 manufactured by Motorola, Inc. 
The SSDA 708 is also coupled to the clock recovery 
and data detector 71 6. The clock recovery data detec- 
tor 716 is coupled to the receiver 718 and is used to 
supply the received synchronization information and 
received vo-coded voice signals to the SSDA 708. 
Thus, the SSDA is used in both the transmit and re- 
ceive modes to route data accordingly. The clock re- 
covery and data detector 716 is also coupled to the 
frame sync detector 720. The frame sync detector 720 
receives data from the data detector and clock recov- 
ery device 71 6 and is used to look for the frame sync 
marker in the received vo-coded signal. When frame 
synchronization is achieved, the frame sync detector 
720 alerts the microprocessor 702 via connection 
722. Once the clock recovery device and the frame 
sync detector have both synchronized, the vo-coded 
signal can be either repeated (as in the primary sta- 
tions of Figs 5 or 6), or received and routed to the vo- 
coder synthesizer to recover the voice signal (as in 
the remote unit of Fig. 4), 

. Referring now to Figures 8a-8c t there is shown a 
flow diagram of the steps executed by the present in- 
vention when utilized to control a remote unit, in Fig- 
ure 8a, the routine begins with the initialization step 
800, : which is executed during first time operation or 
after a reset. The initialization step 800 programs any 
frequency synthesizers and loads various ID codes 
that may be employed during the operation of the 
controller. The routine next proceeds to decision 802, 
which checks to see if the repeater is active. The re- 
mote unit determines if the repeater is active via the 
bit sync circuitry that operates on the bit sync portion 
of the data overhead (see Figure 3). A positive bit 
sync indication, occurs if the repeater is" operating 
(i.e., transmitting). Of course, if the repeater were in- 
active, the remote unit would not be able to obtain bit 
sync. 

Referring again to Figure 8a, if the repeater is not 
active the routine proceeds to decision 304 to detect 
whether the push-to-talk (PTT) switch has been ac- 
tuated to initiate a communication. If the determina- 
tion of decision 804 is that the PTT switch is not ac- 
tuated, the routine returns to reference letter A and 
decision 802. The routine will continue in this loop un- 
til the PTT switch is actuated at which time the routine 
proceeds to step 805. In step 805, the predetermined 
repeater key-up code is transmitted to activate the re- 



peater. The key-up code may be any suitable code 
and, of course, rf a particular implementation the re- 
peater is always activated, step 805 could be omitted. 
Preferably, the repeaters are inactive (i.e., off the air) 
5 if no remote unit is transmitting. This conserves ener- 
gy and increases the mean time between failure 
(MTBF) of the primary station. Of course, the repeat- 
ers could be designed to operate continuously there- 
by eliminating the need of an activation code. After 
10 transmitting the repeater key-up code, the routine 
proceeds to decision 806. Decision 806 determines 
whether or not synchronization has been achieved. 
Both bit synchronization and frame synchronization 
are required for an affirmative determination in deci- 
15 sion 806 (however, bit sync may have already been 
established in decision 802). Frame sync is deter- 
mined by a majority determination based on a three- 
, of-f ive correct receptions of the frame sync word (see 
Figure 3). If synchronization is established, the rou- 
20 tine proceeds to step 808, which enables the analyzer 
of the particular vo-coder employed. Following the 
enabling of the vo-coding analyzer, the routine pro- 
ceeds to decision 810, which determines whether the 
PTT switch has been activated. If the switch has been 
25 activated, the routine routes to reference letter B of 
Figure 8b (to transmit). If the PTT switch is not acti- 
vated, the routine proceeds to reference letter C of 
Figure 8c (to receive). 

Referring now to Figure 8b, the steps involved 
30 during the transmit mode of the controller are shown. 
The routine begins in step 812, which takes the digi- 
tized speech information from the vo-coding analyz- 
er. The vo-coded speech is stored in the buffer (408 
of Figure 4) in step 814 at the vo-coding data rate. De- 
35 cision 816 determines whether the buffer is suffi- 
ciently full to begin transmitting. In the preferred em- 
bodiment, the buffer is deemed to be full (ready) when 
at least one-half of one slot of vo-coded data has been 
buffered, if decision 816 determines that the buffer is 
40 not sufficiently full, the routine returns to the refer- 
ence letter B to receive more vo-coded speech from 
the analyzer in step 812. If the determination of de- 
cision 816 is that the buffer is sufficiently full, the rou- 
tine proceeds to decision 818 to determine whether 
45 the present time slot is the assigned slot of a partic- 
• ular unit. The time slots must be assigned so that the 
mobile controller knows how many of the sub-slots (1- 
8) to combine for this particular communication slot, 
if the present time slot is not the unit's assigned time 
so slot, the routine proceeds to decision 81 7 to check for 
sync. If decision 817 determines that sync has been 
lost, the routine proceeds to reference letter A. Other- 
wise, the routine proceeds to reference letter B. If de- 
cision 818 determines that the present time slot is the 
55 unit* s assigned time slot, the routine proceeds to step 
819 to determine whether the unit is still in frame 
sync. The unit will have a valid frame sync if it has cor- 
rectly received five of the past nine frame sync words. 
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If decision 819 determines that the unit has dropped 
frame sync, control returns to reference letter B. If the 
unit has held sync, the routine proceeds to step 820, 
which formats the data overhead preamble as previ- 
ously described in conjunction with Figure 3. Follow- 
ing the data overhead formatting of step 820. step 
822 transmits a single burst on the TDM channel by 
transmitting the overhead and vo-coded speech tak- 
en from the buffer at the transmission data rate. After 
this single slot is burst on to the TDM channel, deci- 
sion 824 determines whether the buffer is empty. If 
the buffer is not empty, the routine returns to refer- 
ence letter B which takes more speech and continues 
to transmit. If the buffer is empty, the routine returns 
to reference letter A of Figure 8a which determines 
whether the repeater is active. 

In Figure 8c, the steps executed by the present 
invention for remote receive operations are shown. 
The routine begins in step 826 which receives the vo- 
coded signal from one or more time slots in the TDM 
channel. Step 828 updates the slot assignments for 
the device employing the controller. In the preferred 
embodiment, this represents updating a memory lo- 
cation which contains the number of sub-slots (1-8) 
that may be combined in various arrangements to 
form communication slots for the TDM device. The 
routine next proceeds to decision 830 to determine 
whether or not synchronization has been maintained. 
An affirmative determination results jf the unit has 
correctly received five of the past nine frame sync 
words. If there is synchronization, the .routine pro- 
ceeds to decision 832 to determine whether the com- 
munication device is muted or whether the squelch is 
open to allow reception of the message. Those skilled 
in the art will appreciate various methods^of squelch 
are known. One technique would consist of detecting 
whether the received signal is valid data or noise. An 
alternative would be to use a form of .continuous 
squelch, commonly referred to as "digital private line" 
(DPL). Another alternative would be tcempioy begin- 
of-message (BOM) and end-of-message (EOM) data 
words pre-ambled and post-ambled to the message, 
respectively. Basically, any suitable squelch system 
is acceptable to the present invention to operate as 
decision 832.. If the squelch is muted* the. routine re- 
turns to reference letter Q of Figure 8a. However, if 
the squelch is unmuted the routine proceeds to set 
834 where the vo-coded signai is placed in the buffer 
(426 of Figure 4) at the received data rate. Step 836 
removes the buffered signal from the buffer at the vo- 
coding data rate and presents it to the vo-coding syn- 
thesizer (432 in Figure 4). The vo-coding synthesizer 
reconstructs the original voice message and presents 
it to the operator either via a speaker or other means. 
Following the completion of the synthesized mes- 
sage, the routine returns to reference letter D of Fig- 
ure 8a. 

Referring now to Figure 9, the steps executed by 



the present invention when used to control a primary 
station (repeater) are illustrated. The routine begins in 
decision 900, which determines whether the key up 
code has been received from a particular remote unit. 
5 If the key up code is not received, the repeater waits 
(i.e., off the air) until a key up code is received. As- 
suming, however, that the key up code was received, 
the routine proceeds to step 902; which starts the 
frame marker and keys up the transmitter. Step 904 
to transmits one burst of the data overhead defined in 
Figure 3 containing the TDM slot assignment for the 
remote unit. After the remote unit receives sync and 
a slot assignment, the remote unit transmits the data 
overhead and TDM vo-coded data message to the re- 
15 peater. Accordingly, decision 906 determines wheth- 
er the synchronization (both bit and frame) from the 
mobile has been received in the present time slot. If 
sync has been received, the routine proceeds to step 
908, which resets a transmitter time-out- timer, which 
20 may be present to prevent the transmitter from trans- 
mitting either permanently or for prolonged periods. 
The routine then proceeds to step 910, which re- 
ceives the TDM vo-coded data from the particular slot 
(or group of slots) assigned by the repeater. Step 912 
25 . retransmits or repeats the TDM data in another time 
slot on either the same frequency or in the same or 
different time slot on a second frequency depending 
, upon which type of repeater is employed. Following 
the retransmission of step 912, the routine returns to 
30 reference letter A, which again sends one burst of 
data overhead with the time slot assignment and con- 
. - tinues in this : loop until there is noYnore vo-coded 
data to transmit. o - 
• ■ Referring again to decision 906, if the decision of 
: 35 step 906 is-that the synchronization was not received 
, in the present time slot, the routine proceeds to deci- 
sion 914, which determines whether or not the re- 
. . peater transmitter is still keyed. The repeater trans- 
. mitter may not be keyed if the time-out-timer has ex- 
40 • /pjred^or a dekey code has^been received (if any such 
code is employed). If the determination of decision 
.914 is thatthe.repeater is still keyed, an alternating 
; ; : Jogical one and logical zero pattern are transmitted in 
. the first sub-slot in step 916. Following step 916 The 
45 . - data over-head and slot assignment are transmitted in 
each of the sub-slots thatform the particular time slot 
used. Since the data overhead will not fill a sub-slot, 
an alternating logical one and logical zero pattern is 
use to fill, each sub-slot. Following step 918 the rou- 
se .tine returns to reference letter A; which will again send 
one burst of data overhead with the time slot assign- 
• ment to the mobile unit, and then to decision 906 to 
recheck if the repeater has properly received syn- 
chronization from the remote unit. If the determina- 
55 tion of decision 914 is that the repeater is no longer 
keyed, the routine returns to reference letter B t which 
again will await the key up code before the repeater 
is operational again. 
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Claims 

1. Communication apparatus for communication in 
a time division multiplex communication system 
having at least one primary station (102) and a 5 
plurality of remote units (1 04, 1 06, 1 08), compris- 
ing means for vocoding speech at a first rate and 
communicating with a first remote unit through a 
first subset of time slots in a given set of time 
slots, characterised by to 

means for vocoding speech at a second, 
higher, rate and communicating with a second re- 
mote unit through a second subset of time slots 
in such a set of time slots, wherein the second 
subset comprises more time slots than the first 15 
subset. 



14 

through a second subset of time slots in such a 
set of time slots, wherein the second subset com- 
prises more time slots than the first subset. 



2. Apparatus according to daim 1 comprising: first 
means for communicating, through a first subset 
of time slots in a given set of time slots, speech 20 
vo coded at said first rate; characterised by sec- 
ond means for communicating, through a second 
subset of time slots in a given set of time slots, 
speech vocoded at said second, higher, rate and 
means (402) for selecting between said first and 25 
second means. 



3. Apparatus according to claim 2, wherein said 
means for selecting comprises means for receiv- 
ing an information signal (310) from the prlriary 30 
station, informing the apparatus to receive, 
through a first or second subset of time slots, 
speech vocoded at the lower or higher rate re- 
spectively. 

4. Apparatus according to any one of the preceding 
claims, further comprising a memory for storing 
time slot assignment information and means for 
receiving time slot assignment information from 

the primary station and storing it in the memory. 40 

5. Apparatus according to any one of the preceding , 
claims, comprising a vo-coder for analysing and 
vo-coding speech, and a controller (402) for rout- 
ing the vo-coded speech to a transmit buffer 45 
(408) at a coding rate selected by the controller 
(402). 

6. A method of controlling a communication device 

for communication in a time division multiplex 50 
communication system having at least one pri- 
mary station (102) and a plurality of remote units 
(104, 106, 108), comprising vocoding speech at 
a first rate and communicating with a first remote 
unit through a first subset of time slots in a given 55 
set of time slots, characterised by 

vocoding speech at a second, higher, rate 
and communicating with a second remote unit 
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